Abstract: Breebaart et al. [J. Acoust. Soc. Am. 110, 1089-1104 reported that the masker bandwidth dependence of detection thresholds for an out-of-phase signal and an in-phase noise masker (N 0 S p ) can be explained by principles of integration of information across critical bands. In this paper, different methods for such across-frequency integration process are evaluated as a function of the bandwidth and notch width of the masker. The results indicate that an "optimal detector" model assuming independent internal noise in each critical band provides a better fit to experimental data than a best filter or a simple across-frequency integrator model. Furthermore, the exponent used to model peripheral compression influences the accuracy of predictions in notched conditions.
Introduction
Since the introduction of the concept of critical bands by Fletcher 1 in the 1940s, the frequency resolution of the human auditory system has been modeled by a set of nonlinearly spaced band-pass filters. 2 Subsequent to splitting signals into critical bands, most auditory models apply a peripheral nonlinear compressive function on the critical-band signal levels (cf. Refs. [3] [4] [5] [6] [7] . In the case of binaural signal detection models, the peripheral compression is followed by a binaural process that uses inputs from the two ears to derive a representation of the input signals that accounts for the lower detection thresholds observed in a dichotic condition compared to a diotic presentation. Various mechanisms to account for this phenomenon have been proposed in the past, including (but not limited to) an equalization-cancellation 8 or a cross-correlation 9 stage, which in essence aim at providing an increased sensitivity in terms of the signalto-masker ratio in each critical band. The next stage in most models constructs a decision statistic from the information available in one or more critical bands that can be used to predict a detection threshold or psychometric curve. We can identify three groups of models based on their way of processing information in critical bands.
(i) Best filter model: In this approach, only the auditory filter that gives the best or most reliable result for the task at hand is considered; 7 this model, thus, includes any off-frequency listening if that would be beneficial for the task at hand.
(ii)
Integrator model: This type of model is based on linear summation or integration of information across filters. The per-band information may be a specific loudness, 6 a specific detectability based on energetic principles, 10 or more advanced stimulus attributes. 11 To limit the accuracy or sensitivity of the model, the integrated decision variable is required to change by a minimum amount to ensure detectability. (iii) Optimal detector model: These models assume that information in each critical band is corrupted by internal noise that is independent across critical bands.
Integration of information across bands often involves weights to improve the detectability or accuracy of the task of the model by minimizing the effect of the noise on the integrated decision variable. 4, 5, 11, 12, 18 In this paper, the differences in model predictions for the three groups outlined above will be investigated for a binaural signal detection task. Analytical expressions for stationary signals will be used to predict the masker bandwidth and notch width dependence of signal detection thresholds in an N 0 S p detection task (e.g., the detection of an out-of-phase signal S p in the presence of an in-phase noise masker N 0 ). Furthermore, the effect of the amount of peripheral compression is investigated by varying the peripheral compressive exponent. In particular, signal detection models based on peripheral adaptation loops 4, 5 have an effective compression exponent of (0.5) 5 % 0.031 and use an optimal detection strategy for combining information across critical bands, while loudness models 6 are based on an exponent of 0.2 with a subsequent integrator model. Bernstein et al. 3 and Goupell 13 have shown benefits of peripheral compression to predict thresholds in low-noise noise conditions. Variation of the compressive exponent allows us to determine whether this parameter is critical in terms of model predictions and to determine whether potential interactions with across-frequency processing methods exist.
Method

Transformation of signal spectrum to internal representation
The power spectral density of a signal at frequency f is denoted by X 2 (f). The signal power, or excitation level, r 2 X ðbÞ, in auditory filter with index b is then given by
with Hðf Þ a band-pass filter with skirts of 6 dB/Oct and À3 dB cut-off frequencies of 1000 and 4000 Hz to model the combined outer and middle ear transfer function, and Cðb; f Þ the magnitude transfer function of auditory filter b. In the simulations, a thirdorder 4,14 gammatone filter bank was used with filter bandwidths equal to the equivalent rectangular bandwidth (ERB) 6, 15 and a spacing of ten filters per ERB. The transformation of excitation levels r 2 X ðbÞ to an "internal representation," yðbÞ, involves a compressive nonlinearity with exponent a < 1 and an additive term A to account for a threshold in quiet
Values of a ¼ 0.031, a ¼ 0.1, and a ¼ 0.2 will be used to investigate the effect of this parameter. In a signal detection task, the (expected) value for y N þS ðbÞ as a result of a noise masker, N, and target signal, S, under the assumption of a stationary and independent signals is given by
which for r 
Detectability index
For the best filter model, the detectability index, d 1 , in a detection task equals the maximum change in y(b) across filters, b, due to the addition of the signal adjusted with an internal noise parameter b 1
The integrator model, on the other hand, has a detectability index, d 2 , that is obtained by integrating the changes in y(b) across critical bands, b,
The optimal detector model is based on the assumption that each observation of y nþs (b) À y n (b) is subjected to an additive internal noise, and that detection is based on a weighted sum of these noisy observations. For a zero-mean, constant variance, independent internal noise, the detectability index, d 3 , for the optimal detector model is given by
ðy NþS ðbÞ À y N ðbÞÞ 2 db:
2.3 Calibration of b and A The binaural advantage for detecting an out-of-phase signal compared to monaural conditions is not modeled explicitly. Instead, any binaural processor responsible for that phenomenon is modeled as a black box providing an increased ratio of r 2 S over r 2 N in each critical band, which, in essence, is the basis of the equalization-cancellation theory. 8 Given the formulation of Eq. (4), this increased ratio can be incorporated by a reduction in the internal noise parameter, b. Specifically, the value of b was set to result in an N 0 S p threshold at 500 Hz equal to 41 dB sound pressure level (SPL) based on a wide-band noise masker with a power spectral density of 40 dB/Hz. Subsequently, the value of A was determined to result in a threshold-in-quiet of 4 dB SPL at 500 Hz. This calibration procedure was carried out independently for each of the three models given in Sec. 2.2.
Results
N 0 S p detection thresholds as a function of the masker bandwidth are shown in Fig. 1 . The masker level was set to 70 dB SPL and arithmetically centered at 500 Hz irrespective of the bandwidth; the frequency of the signal amounted to 500 Hz. The different line styles represent the thresholds according to the best filter model, the integrator model, and the optimal detector model. The triangles are experimental data replotted from van de Par and Kohlrausch. 16 The three panels from left to right correspond to a ¼ 0.031, a ¼ 0.1, and a ¼ 0.2, respectively. The number between brackets in the legends represents the root mean square error of the model predictions with respect to the experimental data. The three models demonstrate equal thresholds for a masker bandwidth of 1 kHz because all models were calibrated for such a wide-band noise condition. For smaller bandwidths, the best-filter model shows the highest thresholds, and the integrator model predicts the best performance. The optimal detector model generally shows the best match with the experimental data for all three values of a. When comparing model predictions across the three panels representing different values of a, it can be observed that an increase in a brings the three model approaches closer together, indicating that the efficiency or benefit from across-frequency integration is higher for smaller values of a. Furthermore, for a ¼ 0.031 (left panel), the fit between experimental data and optimal detector predictions is exceptionally good for bandwidths of 25 Hz and beyond, but errors amount to more than 1 dB for smaller bandwidths. When the root mean square error is considered, the optimal detector model with a ¼ 0.2 (dashed-dotted line in the right panel of Fig. 1 ) provides the best fit with the experimental data.
The detection thresholds as a function of the notch width of a noise masker are visualized in Fig. 2 . The masker power spectral density was set to 30 dB/Hz, and the frequency of the signal was 500 Hz. Similar to the format of Fig. 1 , different line styles represent the various modeling approaches and the triangles represent experimental data replotted from Nitschmann and Verhey.
14 In contrast to the experiments with bandwidth as independent variable, varying the notch width does not reveal large differences between models. Thresholds decrease with increasing masker notch width with a slope that depends on the value of a. The best fit with experimental data is obtained for a ¼ 0.2 (right panel of Fig. 2) , while smaller values of a result in a too steep decrease with masker notch width.
Discussion and conclusions
Despite the relatively simple binaural auditory model that was employed in this study using a linear filter bank and only two calibration parameters (b and A), the N 0 S p thresholds as a function of masker bandwidth could be predicted accurately using an optimal detector model. The other two modeling approaches (e.g., the best filter and integrator model) show substantially larger discrepancies between experimental data and model predictions. More specifically, the integrator model overestimates the benefit of across-frequency integration, resulting in too low thresholds for narrow-band maskers. The best-filter model, on the other hand, has no means to combine information across filters and, hence, the predicted thresholds for narrow-band maskers are too high. Modifying the compressive nonlinearity by means of changing the exponent, a, changes the predicted thresholds of the models, but does not influence the conclusion on what across-frequency integration process is most capable of predicting thresholds as a function of bandwidth. For the three values tested, the optimal detector model provides the best fit with experimental data, while none of the models is able to predict the increase in thresholds for masker bandwidths of 10 Hz and below.
In notch-widening experiments, the nature of the stimulus limits detection to a very limited number of critical band outputs and therefore across-frequency integration is not providing a significant detection advantage over a best-filter model. Interestingly, the larger value of a ¼ 0.2 gives a fairly good fit with experimental data without requiring any across-channel processes as proposed by Nitschmann and Verhey.
14 Such less aggressive compression could therefore serve as alternative explanation for the relatively shallow decrease of thresholds with notch width.
The reasonably good prediction for both bandwidth and notch-width dependencies may serve as an argument to use a ¼ 0.2 in binaural signal detection models instead of the more common value of a ¼ 0.031, which effectively provides logarithmic compression. 5 Inspection of Eq. (4), however, reveals that changing a has an influence on the masker-level dependency of thresholds. In particular, a larger value of a will result in a shallower slope of thresholds as a function of masker level. This effect is visualized in Fig. 3 . Narrow-band (50-Hz wide) N 0 S p thresholds are shown as a function of the level of the masker. The center frequency of the stimulus was 500 Hz. The lines represent different values of a; the triangles are experimental data replotted from Hall and Harvey. 17 All model predictions were performed using an optimal detector strategy. As expected, the slope of the model predictions decreases with increasing a. Although the model predicts a higher overall sensitivity than the experimental data, one could argue that for masker levels up to 50 dB/Hz, a ¼ 0.2 results in a slope that is quite similar to the slope observed in experimental data while for higher masker levels, a ¼ 0.031 seems to provide the best predictions. Overall, a ¼ 0.2 results in the smallest root mean square error (see legend of Fig. 3) . The data nevertheless suggest that a linear filter bank model followed by a single compressive exponent may be too simplistic to accurately cover such masker level dependencies.
